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ABSTRACT 



A digital FM stereo.decoder uses the phase characteris- 
tics of linear phase FERrUters, together with a trignom- 
etric operation, to generate a 38 kHz subcarrier signal 
from a 19 kHz pilot. The subcarrier signal is mixed with 
the input composite signal from which the pilot has 
been removed to shift its L— R component to baseband; 
the linear phase FIR filters also maintain phase coher- 
ence between the subcarrier and the composite signals. 
A low distortion output is obtained without the use of a 
phase locked loop for the regeneration of the subcarrier 
signal. 



26 Claims, 1 Drawing Sheet 
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rier from the 19 kHz pilot signal, and to maintaii i exact 
FM STEREO DECODER AND METHOD USING phase coherent between these signals. After demodu- 
DIGITAL SIGNAL PROCESSING lation and conversion to digital format, a digital band- 

pass filter is used to extract the pilot signaj_from the 
BACKGROUND OF THE INVENTION 5 incoming composite signal; a firsfdigital delay filter \ 
1. Field of the Invention keeps the composite signal in phase' with the extracted^ 

This invention relates to FM stereo decoding, and P aot signal. A plurality of digital filters operate upon* 
more particularly to stereo decoding using digital signal the extracted pilot signal to obtain a pair of 19 kHz v 

processing (DSP). A signals that are in mutual phase quadrature. A subcar- 

2r.Description of the Related Art 10 rier frequency generator then operates upon these phase : 

It would be desirable to obtain the potentially distor- quadrature signals, using a mathematical function to 
tion-free benefits offered by DSP for FM stereo decod- obtain a 38 kHz mixing signal. Meanwhile, a second 
ing. As in other areas, the use of digital processing ere- delay filter delays the pilot-free composite signal to 
ates the potential for greater fidelity in FM audio prod- keep it in phase with the mixing signal. The two signals 
ucts. Likely applications for digital processing in stereo 15 are mixed to shift the L— R signal to baseband, allowing 
receivers includes home audio, automotive audio and the L and R signals to be extracted from the L+R and 
stereo television. L— R signals that are now both within the common • 

The standard FM stereo broadcast signal in the baseband range. ^ 
United States consists of an L+R (left+right) signal i n the preferred embodiment, the„dig ital filters are 
within the baseband frequency range of 50-15,000 Hz, 20 ]inear phase fMteJmpu^^rOTis^(Fpp fitters.' TTie^ 
an L-R signal that has been translated in frequency linear phase FIR filter used to obtain the lfuSz phase 
onto a subcarrier of 38 kHz (the subcarrier is then su- quadrature signal performs a Hubert transform on the 
pressed), and a 19 kHz pilot signal that is used in the extracted pilot signal. The Hilbert transform filter has 
restoration of the L and R signals after demodulation of length jj ( where (N— 1)/2 is an integer. The other linear 
the composite signal in the receiver. 25 ^ FJR fflter which rates on ^ extracted pilot 

Upon reception, the received signal is demodulated signajTi^iaented as a (N-l)/2 sample delay. The 
to recover the composite modulating signal. The com- com ^ te si ^ ^ ^ dela ^ ^-1)72 les to 
posite signal is processed through a bandpass filter that track ^ hase quadrature signals at the pilot fre- 
passes only frequencies in the range of 23-53 kHz, auencv 

thereby extracting the L— R double-sideband signal. 30 " y- A . 

The 19 kHz pilot signal is also extracted with a filter, ™ e quadrature signals, are operated upon to 

and is then passed through a frequency doubled a i n *ffl>, S £° ^ ^ 

amplifier circuittom which i signal of 38 kHz is ob- whe 5 e 1 I ^ r ^ xt Jj*. If p, ?* v f T^J^T 

tained. This signal and the output of the bandpass filter ^ 3 f. **** .» d , md ^ ^ 

are mixed together, yielding an L-R audio signal at the 35 OP+CP) to obtain a normalized mixing signal at the 38 
50-15,000 Hz baseband. Finally, the L+R and L-R ^ subcamer frequency, without the use of a tracking 
signals are fed to a circuit which separates them into the loo P- 

L and R signals, in a manner inverse to that in which ^ mventl0n 0811 ^ implemented m either hardware 
they were generated at the transmitter. After further or software, and generates a 38.kHz.mixing sig nal with n 
amplification, the L and R signals are furnished to an 40 a verv low level of distortion. Exact Phase co herence is 
appropriate stereophonic loudspeaker system. achievedArough the phase.jesponsecharacteristics.of.^. 

Non-linear analog circuits are used to accomplish the the lmear phase FTR fihei^Further features and advan- 
frequency doubling from 19 to 38 kHz in the receiver.! tages of the invention win be apparent to those skilled in 
Unfortunately, this adds an undesirable level of distor- 1 the art from the following detailed description, taken 
tion. In an alternate approach, a 38 kHz signal is generr 45 together with the accompanying drawing, 
ated at the receiverand locked to the ,19 kHz pilot signal BRIEF DESCRIPTION OF THE DRAWINGS 
with a phase locked loop (PLL). Such systems have > 

been implemented with both analog circuits (Krauss et FIG. 1 is a block diagram of a DSP system that can be 

al., Solid State Radio Engineering, John Wiley & Sons! used to implement the invention. 

1980 pages 318-322) and with digital technology 50 DETAILED DESCRIPTION OF THE 

(Manlove, A Fully Integrated High Performance FM ; invpntiom 

Stereo Decoder", IEEE 1991 Custom Integrated Cir- 

cutis Conf, pages 24.6.1-24.6.3). A combined analog/- A block diagram of a preferred implementation for 
digital circuit with a PLL is described in Haugetal., "A the FM stereo decoder of the present , invention is 
DSP-Based Stereo Decoder for Automotive Radio" 55 shown in FIG. 1. The broadcast FM signal is received 
SAE Technical Paper Series, 1990,_No._900244.,How- by an antenna 2 and supplied to a demodulator 4, which 
ever, the use of a PLL introduces distortion, and also recovers the composite modulating signal. The compos- 
involves the use of a tracking loop that adds to the he signal is then converted to digital format by an ana- 
circuitry requirements. •— \ log-to-digital converter (ADC) 6. The order of demod- 
rrn/w . __. ' 60 ulation and digital conversion can be reversed if de- 
SUMMARY OF THE INVENTION sired, with the incoming FM signal converted to digital 

The present invention seeks to provide an improved format and the digital FM signal then demodulated. 
FM stereo decoder that generates a 38 kHz signal with , The 19 kHZjpilot signal isextracted by processing the 
a very,low level of distortion, for niixmg with the L T R signal throughW^^^ ; qtei^ t£iwhere M is_a{ \eastt 1. 
signal and that enables exact tracking "of the' 19 kHz 65 The combined response^f r f0ters'8 is a 19 kHz bandpass 
pilot signal without the "use of a tracking loop. • \ , K . filter. The individual filte rs 8a, 8fc, 8c, etc. are prefera bly 

These goals are achieved with a digital system that j implemented as linear phase FIR raters to assist in main- 
uses a novel technique to regenerate the 38 kHz subcar-' tenance of phase coherence in the decoding process. 
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With a linear phase filter, the filter's delay is linearly 
related to its length. The filters may be a combination of 
low pass filters, high pass filters and bandpass filters 
such that the aggregate response is a 19 kHz bandpass 
filter. 

Since ajinear. phase FIR filter of len gth L has a phase 
shift corresponding to a del ay of (L— l)/2 samples, the 
aggregate signal delay associated with the FIR filters 8 

is: 



The linear phase FIR filter 20 has length N to pre- 
serve a 90° degree phase difference between the outputs 
of filters 18 and 20. Thus, the output of filter 18 (desig- 
nated Q) and the output of filter 20 (designated I) are in 
mutual phase quadrature. The linear phase FIR filter 16 
also has length N. Thus,.phase_cph erence i s mai ntained^ A 



10 



.betweejithe^tpu^off^ 
jsjufjnteger , filte ^l<-and-20-may-.beJm plementedijs ^ 
v (N-l^^ffiplege!ays i Otherwise, the FIR'filteTcpef-^ 
ficients for filter 20 are selected so that the filter has 



M 

2 

/=] 



- I 



where L(i) is the length of the filter i, and i= 1,2,3, . . . 
M. The composite signal at the output of ADC 6 is 
subjected to a delay equal to that of the extracted pilot 
signal by processing it through another linear phase 
FIR filter 10, which again can be implemented as a 
plurality of separate FIR filters. 

The 19 kHz bandpass FIR filter coefficients are se- 
lected so that the L+R and L—R frequency compo- 
nents are rejected, and such that the filters have maxi- 
mum gain at 19 kHz. The preferred implementation 
would have unity gain at 19 kHz. The composite signal 
filter coefficients are selected so that the filters have a 

flat passband response for the L+R and I R signals 

with a passband gain equal to the 19 kHz passband filter 
gain, and a gain less than or equal to the passband gain 
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20 



unity gain at 19 kHz, and less tlM njiffit jTfeain elsewhereT 
""and the coefficients for filter 16 are selected to meet - the 
same gain sp ecificat ion as fo r filter 10. 

The I and Q signals are now subjected to a trigono- 
metric transformation t o generate a new. signal, at t he.38. ; 
kHz suSam^frequency. First, the signals: are selfrmut 
tiplied in multipliers 22 and 24 to obtai n 12 and Q2 
outputs, respectively. They~Sre then.cr oss-add ed ancf 
cross-subt ractedjnj umming and subtracting n odes 26_ 
and 28, respectively, j^pxoduce inputs.to a divider 30 in 
theform (P-Q*) and (P+Q 2 "). T he ^-Q^agnal is at 
the 38'kHzlubpilot frequency. This results from the 



25 



well-known trigonometric-relationship: 

cos 2 o>— sin 2 —cos 2o). 



The(I 2 .+ (ffi ; cxpression:equalsjthe_sg, uare~of the a m 

pKtude-of_the^8-kHz-subpjlotrWim^rior'systems,- 

in other frequency regions. If the aggregate-delay of the , n «*er ^S^^^^M^^d be clipped 

FIR filters8 is an integer, the clmpcSte signal FIR to I a ? h,ev ? .T* , »* c " i r er 1 i W- 

. . 6 • i & nal is multiphed by the pilot-free composite signal to 

extract the L-R 'signal. However, thU^cligpinjyjro 

duces.distortion i n the final L and R signals. /In accor 

dance-with the invention,~the subcarrier sumalllfeo 2 ^" 



filter 10 may be implemented as a simple delay with a 
delay equal to the aggregate delay of filters 8. 
Delaying the composite signal by the same amount as 



the extracted pilot signal ensures that it remains in phase ,£ A „,„ ,v. » . 

with the pilot signaTthus eliininating the need for a ^~^^f^^^^^±^^^i&^. 
tracking loop to accomplish this fun Jon. T ^umber ^^ ^^^m.-^^^^-^ 
n f mH;a^. a v CTp mi !. i^TJT V . ■ , ~ " is- the;fun^on.of divider 30 , which divides the subcar- 

et^n ^L^u f ^ ° r ^ ? Uot * ,gnaI rier sign^wer^S^ot signal,fe wer~~ " J 
^^onjlterj is aj nafer of desipi. choice; Ae ex- The^rnlalS zed 38ljfel Scarter F s i« m al 7t the out- 
SStW c^ner and have a „ put 3 2 ofdivid er 30 is tnen multiplied by2 in a multi- 
greater signahnoise ratio as the number of mdmdual plier 347 This i s a conventional step. since^xuTe the 3 8 
£» ^^f^tr^^ 1 ^- ^ Ttr 1 mz ^ thelT-R compoA^ofthe^iite 
Sf? n r^ : ^^ r ^ B ! D f t f 0n 0f ^ *»« «>f *e output pBfeTto baseband?and 

S^f^mr^ u"£? ? ff Cg l t !' halfto_76kHz. The baseband L-R^isT5uWed_to 

dek , y 0f fiiters II is an integer ena bles Alter 10 to be . 45 brin^lTu^to parity with the L+R baseband co~mpo-~ 
implementedasadelay. - - i nent of the signairThe^ap licationJb y^X 




can be modified if desired by-a gain adiustTGAY facto r 



50 



in case the various filters do not have flat responses, or 
exhibit other than unity amplificationr The"GA~factor' 



r can .be selected -by. trial -and error, -or perhaps ur certain 



The filtered 19 kHzpilot signal is subtracted from the 
composite signal in a subtraction node 12, producing a 
pilot-free composite signal at the node output 14. This 
signal is delayed by another FIR filter 16 to maintain its 

phase coherence with a regenerated 38 kHz subcarrier oiswbTpTecIlc iuationTo improve the LTR se'garation. 
signal, the production of which will now be described. Another conventional step is a stereo pilot detection 
The extracted pilot signal jsjdso,proce^Jhrpugh function 36, which tests whether the pilot signal is 
first and second linear phase '^delay filters 18 and 20j strong enough to perform the downstream stereode- 
Filter 20 has the same length as the delay filterl6 for 55 coding. 



^3 



the pilot-free composite signal. Euter^^prefaaMy-, 
performsa Hil bert transform upon the'cxtra cted.pjtot, 
signalj^d : has:a;^amp^feng^ 
signal sucffas thTpllbtrthTHubert transform introduces 



The adjusted. 38 kHz subcarrier signal from multiplier 



34 is mixed with the delayed pilot-free compositesighal 
from delay filter 16 in a multiplier 38 to generate the 

„. . » v - - L—R baseband signal. The L—R signal from multiplier 

a = ^p^e^shrft r m=addition=to=the=phase>delay.that is 60 38, and the L+R signal from the delay filter 16, are 
rekted^tohslength. As known in the art, the Hilbert - - ■ 



transform can beT implemented in either hardware or 
software. The selection oLthe_ valuerof_Ij[j involves a 
tradeoff between performance and^costs; 'a larger_N_ 
yields a greater^paratipn^^rwe en„the,u ltimate, L_and 
R signals, but it is more-expensive to implementTA 
value of N on the ord er.of-1 5 is i generally a good com- 
promise for home stereo applications. 



65 



filtcred-by^espectiy^lowpassr^ ^ 
moyeJrequiejwy^components th aT]are_ ou teide~of th e 
baseband.^The L channel signal is obtained Bjraddiiig 
the L+R and L—R baseband signals in summing node 
44, while the R channel signal is obtained^by subtracting 
the L—R signal from the L+J^gnal7inTa:Subtraction, 
node 46. The L and R signals are then typically con-, 
verted'back to analog format by respective digital-to- 
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analog co^ertov(DA&)^-an„d^M^l4^pJified ; as 5. The FM stereo decoder of claim 3, said first linear 

necessary to drjye.aijetpf.stereois peakers.^ phase FIR delay filter performing a Hilbert transform 

The described DSP FM stereo decoder produces upon said extracted pilot signal, 

very low distortion L and R output signals, with a high 6. The FM stereo decoder of claim 5, wherein said 

degree of channel separation. The various DSP func- 5 digital filters have a length_N, where (N— 1)/2 is an 

tions can be implemented either in hardware, or on a integer. c ~ = ~'~ 

microprocessor that is programmed to implement the 7. The FM stereo decoder of claim 5, wherein said 

functions in software. For example, the various delay second digital delay filter comprises a linear phase FIR 

functions can be performed either with hardware shift filter that also has a delay of (N— 1)/2 samples, 

registers, or with software FIR filters. In this context, 10 8. The FM stereo decoder of claim 1, said digital 

the use of either hardware to implement a linear phase bandpass filter comprising a plurality of linear phase 

FIR filter function is equivalent to the use of software FIR filters having respective sample lengths L, where 

to implement the same type of function. ' 

While particular embodiments of the invention have M 

been described, numerous variations and alternate em- 1 

bodiments will occur to those skilled in the art. Accord- ' 

ingly, it is intended Aat the invention be limited only in ^ m and M is the number of linear phase FIR 

terms of the appended claims. filters 

., e . c ^j m r ' . , ....... 20 9. The FM stereo decoder of claim 1, said subcarrier 

1. An FM stereo decoder using digital signal process- frequency generator operating upon ^ pair of mutual 

m f C deXduktor and analog-to-digital converter qUadratur , e ^Oc.^f ™ 

/•at-u^ ji^ , e _. . produce a signal at the subcarrier frequency in the form 

(ADC) for demodulating and converting an FM f 2 _ 0 2 where I and O are the resoective mutual rhase 

signal having an L+R (left+right) baseband sig- 25 ^dntoe dmal respective mutual pnase 

nal, an L— R signal centered on a subcarrier fre- ^"fn^i. ^f~ S ' . \ r . . _ • , . 

quency.andapflotsignalatlessthanthesubcarrier _ 10. The FM stereo de^er of clam 9, sa^ subcarrier 

frequency, to a digital demodulated composite ff erator "^J * y 

signal I z +Q 2 to obtam a normalized signal at the subcarrier 

an analog-to-digital converter (ADC) for converting 30 ^ re /L U ^f y ' , . , . . „„ .. . 

the FM signal to digital format, said demodulate! . ^ ™ stereo dec ?« of claml , 10 ' 

and ADC together yielding a digital demodulated ner ^ generator further multiplymg said 
composite signal, 

a digital bandpass filter for extracting the pilot signal fl - o 1 

from said composite signal, 35 fl + fi 2 

a first digital delay filter for maintaining said compos- 
ite signal in phase with the extracted pilot signal, signal by 2 prior to mixing with said delayed pilot-free 

a differencing node for removing the pilot signal from composite signal, 

said composite signal by taking the difference be- 12. The FM stereo decoder of claim 1, wherein said 

tween said composite signal and the in-phase ex- 40 decoder is implemented in hardware, 

tracted pilot signal, thereby yielding a pilot-free 13. The FM stereo decoder of claim 1, said decoder 

composite signal, comprising a microprocessor programmed to imple- 

a plurality of digital filters operating upon said ex- ment said decoder functions in software, 

tracted pilot signal to obtain a pair of filtered sig- 14. A digital signal processor (DSP) for doubling the 

nals at the pilot signal frequency and in mutual 45 frequency of the pilot signal component of an input 

phase quadrature relationship, composite digital signal that has pilot and information 

a subcarrier frequency generator operating upon said signal components, the pilot signal having a given fre- 

mutual phase quadrature signals to obtain a mixing quency <u, comprising: 

signal at the subcarrier frequency, JQ a digital bandpass filter arranged to extract said pilot 
a second digital delay filter for delaying said pilot- signal component from said composite input signal, 
free composite signal to keep it in-phase with said a plurality of digital filters operating upon said ex- 
mixing signal, tracted pilot signal component to obtain a pair of 
a mixer for mixing said delayed pilot-free composite filtered signals Q and I at the pilot signal frequency, 
signal with said mixing signal to shift said L— R 55 where Q and I are in mutual phase quadrature at 
signal to a baseband frequency range, and the frequency o>, and 
an output processor for extracting said L and R sig- a frequency doubler operating upon said Q and I 
nals from said delayed pilot-free composite signal signals to obtain an input signal at the frequency 
and said baseband L— R signal. 2o>. 

2. The FM stereo decoder of claim 1, said plurality of go 15. A digital signal processor (DSP) for doubling the 
digital filters comprising a pair of filters having phase frequency of an input digital signal having a given fre- 
delay differences that differ from each other by 90°. quency a>, comprising: 

3. The FM stereo decoder of claim 2, said pair_of S\ a plurality of digital filters operating upon said input 
filters comprising first and second Jinear_phaSe~finite \\ signal to obtain a pair of filtered signals Q and I, 
impulse response ( FIR)jlela y flltere having ^length N. 65 where Q and I are in mutual phase quadrature at 

4. The FM stereo decoder of claim 3, wherein said 1 1 the frequency <■>, said plurality of digital filters 



digital = fflte^_^)g_aJ eng^_ N, where, (N — 1 )/2 is an U comprising a pair of filters having phase delays that 

differ from each other by 90°, and 



10/21/2004, EAST version: 1.4.1 



5,404,405 



8 



10 



a frequency doubler operating upon said Q and I 
signals to obtain an output signal at the frequency 
2o>. 

16. The DSP of claim 15, said pair of filters compris- 
ing first and second linear phase finite impulse response 
(FIR) delay filters>ha ying a j gg gth 

17. The DSP ofclamTliS, said first FIR delay filter 
performing a Hilbert transform upon said input signal. 

18. The D^of ^Mm^H.-W herem-CNj^lj^U^an,, 
integer, and said^ ^^d-FJ R.d ^laylfu^ ^comprises a 
(N^J/^sampie^day^ 

19. The DSP of claim 14, said frequency doubler 15 
operating directly upon said Q and I signals to produce 
a signal with a frequency 2<a in the form P— Q 2 . 

20. The DSP of claim 19, said frequency doubler 
dividing said I 2 — Q 2 signal by P+Q 2 to obtain a nor- 
malized 2&> frequency signal. 

21. The DSP of claim 19, said plurality of digital 
filters comprising first and seco nd line ^_pha^Jinite 
impulse response (FIR) delay filters having a length N, 
where (N — 1)/2 is an integer. 

22. The DSP of claim 14, wherein said DSP is imple- 
mented in hardware. 



23. The DSP of claim 14, comprising a microproces- 
sor programmed to implement said digital filters and 
frequency doubler in software. 

24. A method of obtaining a mixing signal for mixing 
with a composite FM stereo signal, said composite sig- 
nal having a pilot signal component at a frequency m, an 
L+R (left+right) baseband signal, and an L—R signal 
centered on a subcarrier frequency 2<a comprising: 

extracting said pilot signal component from said com- 
posite signal, 

generating a pair of signals Q and I from said ex- 
tracted pilot signal component at the pilot signal 
frequency a in mutual phase quadrature, 
squaring said Q and I signals to obtain signals in the 

form Q 2 and I 2 , and 
subtracting the Q 2 signal from the I 2 signal to obtain 
a signal in the form I 2 — Q 2 at the frequency 2<a. 

25. The method of claim 24, wherein said Q and I 
signals are digital signals and are generated by process- 
ing said extracted pilot signal component at the fre- 
quency co through a pair of linear phase finite impulse 
response (FIR) delay filters having lengths N, where 
(N — 1)/2 is an integer. 

26. The method of claim 24, further comprising the 
25 step of adding said I 2 and Q 2 signals to obtain a signal in 

the form I 2 +Q 2 , and normalizing said I 2 -Q 2 signal by 

dividing it by said P+Q 2 signal. 

•••*'• 
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